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1
APPARATUS AND METHOD FOR
ELIMINATING NOISE

CROSS-REFERENCE TO RELATED
APPLICATION

This application claims priority to Korean Patent Applica-
tion No. 10-2011-0087413 filed on 30 Aug. 2011 and all the
benefits accruing therefrom under 35 U.S.C. §119, the con-
tents of which are incorporated by reference in their entirety.

BACKGROUND

The present invention disclosed herein relates to an appa-
ratus and method for eliminating noise. In more detail, the
present invention disclosed herein relates to an apparatus and
method for eliminating noise to recognize speech in a noisy
environment.

In the case of the wiener filter (i.e. a typical noise process-
ing technique used for speech recognition in a noisy environ-
ment), it detects a speech section and a non-speech section
(i.e. anoise section) and eliminates noise in the speech section
on the basis of frequency characteristics of the non-speech
section. However, this technique uses only a speech section
and a non-speech section in order to estimate frequency char-
acteristics of noise. That is, noise is eliminated by applying
the same transfer function to a speech section regardless of
consonants and vowels. However, this may cause the distor-
tion of a consonant section.

SUMMARY

The present invention provides an apparatus and method
for eliminating noise, which estimate noise components by
detecting a speech section and a non-speech section and
detect a consonant section and a vowel section from the
speech section in order to apply a transfer function appropri-
ate for each section.

In accordance with an exemplary embodiment of the
present invention, a noise eliminating apparatus includes: a
speech section detecting unit configured to detect a speech
section from a noise speech signal including a noise signal; a
speech section separating unit configured to separate the
speech section into a consonant section and a vowel section
on the basis of a Vowel Onset Point (VOP) in the speech
section; a filter transfer function calculating unit configured
to calculate a transfer function of a filter for eliminating the
noise signal in order to allow the degree of noise elimination
in the consonant section and the vowel section to be different;
and a noise eliminating unit configured to eliminate the noise
signal from the noise speech signal on the basis of the transfer
function.

The filter transfer function calculating unit may calculate
the transfer function by allowing the degree of noise elimi-
nation in the consonant section to be less than that in the
vowel section.

The speech section detecting unit may compare a likeli-
hood ratio of a speech probability to a non-speech probability
in a first frequency with a speech section feature average
value in at least two frequencies including the first frequency
at each signal frame divided from the noise speech signal, in
order to detect the speech section.

The speech section detecting unit may include: a posteriori
Signal-to-Noise Ratio (SNR) calculating unit configured to
calculate a posteriori SNR by using a frequency component in
afirst signal frame; a priori SNR estimating unit configured to
estimate a priori SNR by using at least one of the spectrum
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2

density of a noise signal at a second signal frame prior to the
first signal frame, the spectrum density of a speech signal in
the second signal frame, and the posteriori SNR; a likelihood
ratio calculating unit configured to calculate a likelihood ratio
with respect to each frequency included in the at least two
frequencies by using the posteriori SNR and the priori SNR;
a speech section feature value calculating unit configured to
calculate the speech section feature average value by averag-
ing the sum of likelihood ratios for each frequency; and a
speech section determining unit configured to determine the
first signal frame as the speech section when one side com-
ponent including the likelihood ratio with respect to the first
frequency is greater than the other side component including
the speech section feature average value through an equation
that uses the likelihood ratio with respect to the first frequency
and the speech section feature average value as a factor.

The apparatus may further include: a VOP detecting unit
configured to detect the VOP by analyzing a change pattern of
a Linear Predictive Coding (LPC) remaining signal.

The VOP detecting unit may include: a noise speech signal
dividing unit configured to divide the noise speech signal into
overlapping signal frames; an L.PC coefficient estimating unit
configured to estimate an LPC coefficient on the basis of
autocorrelation according to the signal frames; an LPC
remaining signal extracting unit configured to extract the LPC
remaining signal on the basis of the LPC coefficient; an LPC
remaining signal smoothing unit configured to smooth the
extracted LPC remaining signal; a change pattern analyzing
unit configured to analyze a change pattern of a smoothed
LPC remaining signal in order to extract a feature correspond-
ing to a predetermined condition; and a feature utilizing unit
configured to detect the VOP on the basis of the feature.

The filter transtfer function calculating unit may include: an
initial transfer function calculating configured to calculate an
initial transfer function by estimating the priori SNR at a
current signal frame when calculating the initial transfer
function by using the current signal frame extracted from a
noise speech signal; and a final transfer function calculating
unit configured to calculate a final transfer function as a
transfer function of the filter by updating a previously-calcu-
lated transfer function in consideration of a critical value
according to whether a corresponding signal frame corre-
sponds to which one of a consonant section, a vowel section,
and a non-speech section, when calculating the final transfer
function by using at least one signal frame after the current
signal frame.

The noise eliminating apparatus may include: a transfer
function converting unit configured to convert the transfer
function in order to correspond to an extraction condition
used for extracting a predetermined level feature; an impulse
response calculating configured to calculate an impulse
response in a time zone with respect to the converted transfer
function; and an impulse response utilizing unit configured to
eliminate the noise signal from the noise speech signal by
using the impulse response.

The transfer function converting unit may include: an
index calculating unit configured to calculate indices corre-
sponding to a central frequency at each frequency band
included in the noise speech signal; a frequency window
deriving unit configured to derive frequency windows under a
first condition predetermined at the each frequency band on
the basis of the indices; and a warped filter coefficient calcu-
lating unit configured to calculate a warped filter coefficient
under a second condition predetermined based on the fre-
quency windows, and performing the conversion, and the
impulse response calculating unit may include: a mirrored
impulse response calculating unit configured to perform a
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number-expansion operation on an initial impulse response
obtained using the warped filter coefficient in order to calcu-
late a mirrored impulse response; a causal impulse response
calculating unit configured to calculate a causal impulse
response based on the mirrored impulse response according
to a frequency band number relating to the condition; a trun-
cated causal impulse response calculating unit configured to
calculate a truncated causal impulse response on the basis of
the causal impulse response; and a final impulse response
calculating unit configured to calculate an impulse response
in the time zone as a final impulse response on the basis of the
truncated causal impulse response and a Hanning window.

In accordance with another exemplary embodiment of the
present invention, a method of eliminating noise includes:
detecting a speech section from a noise speech signal includ-
ing a noise signal; separating the speech section into a con-
sonant section and a vowel section on the basis ofa VOP at the
speech section; calculating a transfer function of a filter for
eliminating the noise signal to allow the degree of noise
elimination to be different in the consonant section and the
vowel section; and eliminating the noise signal from the noise
speech signal on the basis of the transfer function.

The calculating of the filter transfer function may include
calculating the transfer function by allowing the degree of
noise elimination in the consonant section to be less than that
in the vowel section.

The detecting of the speech section may include comparing
a likelihood ratio of a speech probability to a non-speech
probability in a first frequency with a speech section feature
average value in at least two frequencies including the first
frequency at each signal frame divided from the noise speech
signal, in order to detect the speech section.

The method may further include detecting the VOP by
analyzing a change pattern of an LPC remaining signal.

The removing of the noise may include: converting the
transfer function in order to correspond to a standard used for
extracting a predetermined level feature; calculating an
impulse response in a time zone with respect to the converted
transfer function; and eliminating the noise signal from the
noise speech signal by using the impulse response.

BRIEF DESCRIPTION OF THE DRAWINGS

Exemplary embodiments can be understood in more detail
from the following description taken in conjunction with the
accompanying drawings, in which:

FIG. 1 is a block diagram illustrating a noise eliminating
apparatus in accordance with an exemplary embodiment of
the present invention;

FIG. 2 is a detailed block diagram illustrating a speech
section detecting unit in the noise eliminating device of FIG.
1

FIG. 3 is ablock diagram illustrating a configuration added
to the noise eliminating device of FIG. 1;

FIG. 4 is a block diagram illustrating a filter transfer func-
tion calculation unit and a noise eliminating unit in the noise
eliminating apparatus of FIG. 1;

FIG. 5 is a block diagram illustrating a transfer function
converting unit and an impulse response calculating unit in
the noise eliminating apparatus of FIG. 4;

FIG. 6 is a view illustrating a consonant/vowel dependent
wiener filter, which is one embodiment of the noise eliminat-
ing apparatus of FIG. 1;

FIG. 7 is a block diagram illustrating a consonant/vowel
classified speech section detecting module in the consonant/
vowel dependent wiener filter of FIG. 6;

FIG. 8 is a view illustrating a VOP detecting process;
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FIG. 9 is a block diagram illustrating the consonant/vowel
dependent wiener filter of FIG. 6; and

FIG. 10 is a flowchart illustrating a method of eliminating
noise in accordance with an exemplary embodiment of the
present invention.

DETAILED DESCRIPTION OF EMBODIMENTS

Hereinafter, specific embodiments will be described in
detail with reference to the accompanying drawings. The
present invention may, however, be embodied in different
forms and should not be construed as limited to the embodi-
ments set forth herein. Rather, these embodiments are pro-
vided so that this disclosure will be thorough and complete,
and will fully convey the scope of the present invention to
those skilled in the art.

FIG. 1 is a block diagram illustrating a noise eliminating
apparatus in accordance with an exemplary embodiment of
the present invention. Referring to FIG. 1, the noise eliminat-
ing apparatus 100 includes a speech section detecting unit
110, a speech section separating unit, a filter transfer function
calculating unit, a noise eliminating unit 140, a power supply
unit 150, and a main control unit 160. The noise eliminating
apparatus 100 may be used for recognizing speech.

Unlike foreign language such as English, a consonant plays
an important role in delivering the meaning in Korean lan-

guage. For example, the meaning of the word Ottt > may not

be easily guessed through a list of the vowels ‘} |, but may
be roughly guessed through a list of the consonants <O HH’.
The above is one example illustrating the importance of con-
sonants in Korean language. That is, the importance of con-
sonants is significantly critical in Korean speech recognition.
However, consonants have less energy than vowels and their
frequency components are similar to those of noise. Due to
this, when background noise is eliminated by using a fre-
quency characteristic difference between speech and the
background noise, distortion may occur in a consonant sec-
tion. This may further affect the deterioration of speech rec-
ognition performance than the distortion in a consonant sec-
tion.

The present invention suggests a consonant/vowel depen-
dent wiener filter for speech recognition in a noisy environ-
ment. This filter is a noise eliminating apparatus that mini-
mizes distortion in a consonant section and, on the basis of
this, improves speech recognition performance in a noisy
environment by designing and applying a wiener filter trans-
fer function proper for each of a consonant section and a
vowel section. For this, a speech section for an input noise
speech is detected using a Gaussian model based speech
section detecting module. In consideration of a change of a
Linear Predictive Coding (LPC) remaining signal, a Vowel
Onset Point (VOP) is combined with speech section informa-
tion in order to estimate speech section information having a
classified consonant/vowel section. The transfer function of
the consonant/vowel section dependent wiener filter is
obtained based on the estimated speech interval information.
That is, the wiener filter transfer function is designed to make
the degree of noise elimination different in a consonant sec-
tion and a vowel section. Especially, the degree of noise
elimination in a consonant interval is designed to be less than
that in a vowel section, thereby preventing the consonant
section and noise from being eliminated together when the
wiener filter is applied. The designed wiener filter is finally
applied to an input noise speech, so that an output speech
without noise is generated.
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The speech section detecting unit 110 performs a function
for detecting a speech section from a noise speech signal
including a noise signal. The speech section detecting unit
110 detects a speech section on the basis of Gaussian model-
ing. The speech section separating unit 120 performs a func-
tion for separating a speech section into a consonant section
and a vowel section on the basis of the VOP in the speech
section. The filter transfer function calculating unit 130 per-
forms a function for calculating a transfer function of a filter
to eliminate a noise signal in order to make the degree of noise
elimination in a consonant section and a vowel section dif-
ferent. The filter transfer function calculating unit 130 calcu-
lates a transfer function that allows the degree of noise elimi-
nation in a consonant section to be less than that in a vowel
section. The noise eliminating unit 140 performs a function
for eliminating a noise signal from a noise speech signal on
the basis of the transfer function. The power supply unit 150
performs a function for supplying power to each component
constituting the noise eliminating apparatus 100. The main
control unit 160 performs a function for controlling entire
operations of each component constituting the noise elimi-
nating apparatus 100.

FIG. 6 is a view illustrating a consonant/vowel dependent
wiener filter, which is one embodiment of the noise eliminat-
ing apparatus of FIG. 1. First, a Statistical Model (SM)-based
VAD operation 321 detects a speech section from an input
speech 310 including noise by using a Gaussian model based
speech section detecting module. Additionally, a LP analysis-
based Vowel Onset Point (VOP) detection operation 322
detects a VOP in consideration of a change of a Linear Pre-
dictive Coding (LPC) remaining signal. Then, a Consonant-
Vowel (CV) labeling operation 323 combines the VOP with
speech section information in order to estimate speech sec-
tion information having a separated consonant/vowel section.
Then, a CV-dependent wiener filter operation 330 obtains the
transfer function of the consonant/vowel section dependent
wiener filter on the basis of the estimated speech section
information and applies the transfer function to the input
speech, thereby outputting the output speech 340 having
noise eliminated. A CV-classified VAD operation 320
includes the SM based VAD operation 321, the LP analysis-
based VOP detection operation 322, and the CV labeling
operation 323, and outputs a CV-classified VAD flag.

FIG. 2 is a block diagram illustrating a speech section
detecting unit in the noise eliminating apparatus of FIG. 1.
The speech section detecting unit 110 compares a likelihood
ratio of a speech probability to a non-speech probability in a
first frequency with a speech section feature average value in
at least two frequencies including the first frequency at each
signal frame divided from a noise speech signal, in order to
detect a speech section. Referring to FIG. 2, the speech sec-
tion detecting unit 110 includes a posteriori Signal-to-Noise
Ratio (SNR) calculating unit 111, a priori SNR estimating
unit 112, a likelihood ratio calculating unit 113, a speech
section feature value calculating unit 114, and a speech sec-
tion determining unit 115.

The SNR calculating unit 111 performs a function for
calculating a posteriori SNR by using a frequency component
in the first signal frame. The priori SNR estimating unit 112
performs a function for obtaining a priori SNR by using at
least one of the spectral density of a noise signal at the second
signal frame prior to the first signal frame, the spectral density
of'a speech signal in the second signal frame, and a posteriori
SNR. The likelihood ratio calculating unit 113 performs a
function for calculating a likelihood ratio with respect to each
frequency included in at least two frequencies by using the
posteriori SNR and the priori SNR. The speech section fea-
ture value calculating unit 114 performs a function for calcu-
lating a speech section feature average value by averaging the
sum of likelihood ratios for each frequency. The speech sec-
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6

tion determining unit 115 performs a function for determin-
ing the first signal frame as the speech section when one side
component including a likelihood ratio with respect to the
first frequency is greater than the other side component
including a speech section feature average value through an
equation that uses the likelihood ratio with respect to the first
frequency and the speech section feature average value as a
factor.

FIG. 7 is a block diagram illustrating a consonant/vowel
classified speech section detecting module in the consonant/
vowel dependent wiener filter of FIG. 6. In FIG. 7, the upper
flows 410 to 413 represent a Gaussian model based speech
section detection part and the lower flows 420 to 423 repre-
sent a vowel onset section detecting part, which is based on a
change of an LPC remaining signal. By combining the result
of'two modules, a CV labeling operation 323 finally estimates
a speech section detection information having a separated
consonant/vowel section. First, two hypotheses are assumed
in order for Gaussian model based speech section detection.
The two hypotheses are expressed in Equation 1.

Hy:speech absence X=N

H | :speech presence X=N+S [Equation 1]

where S, N, and X are Fast Fourier Transform coefficient
vectors for respective speech, noise, and noise speech 310.
The present invention assumes a statistical model in which
the FFT coefficients of S, N, and X are mutually-independent
probability variables. Conditional probability is defined as
Equation 2 when HO and H1 occur in FFT 410.

L-1

X, |Ho) = 1 |Xk,r|2
(X |Ho) = ]_I VT I T

k=0

[Equation 2]

L-1

p(XeslH) =

1
a(dy k. D)+ As(k, 1)

expd — |Xk,r|2
P\t 0+ st 0

where Ay(k,t) and Ag(k,t) represent sample values at the
k-th frequency and t-th frame of the power spectral density of
N and S, respectively, as variances of ,(k,t) and (k,t).

Based on Equation 2, a likelihood ratio of speech and
non-speech at the k-th and t-th frame is expressed as Equation
3.

A1) = [Equation 3]

p(Xi | Hy) 1 { Vi et }
= ex
PXidHo) 1 +mu, L+,

where p, . and y, , represent a priori SNR and a posteriori
SNR, respectively, which are obtained through Equation 4.

Pr.=hs(h ) (k1)

Pr— \ng,\z/)w(k,z)

where Ay(k,t) is a power spectral density value at the k-th
frequency and t-th frame of N, which is obtained through
Equation 5.

[Equation 4]

Il 5)=X (X )™ [Equation 5]

However, Ag(k,t) cannot be obtained from parameters
given, and thus, the present invention estimates p, , through a
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priori SNR estimating method (i.e. Decision-Directed (DD)
method) in DDM 411. Thatis, p, , is estimated using Bquation
6 below.

Asth, 1=1) [Equation 6]

wm +(1=a)T [y, = 1]

f]k,r =

Here, T[x] is a threshold function. It is defined that if x=0,

T[x]=x; if not, T[x]=0. Additionally, a has a value of 0.09 as

a weighting factor. A y(k,t-1) is a power spectral density

estimation value of a speech signal at t-1th frame, which is
obtained through Equation 7.

Bert [Equation 7]

a1+ ﬁk,r—l)

Lstk,1-1) = X[ Xial?

The priori SNR estimation value and posteriori SNR,
obtained through Equations 4 and 6, are substituted into
Equation 3 in order to obtain a likelihood ratio A(kt) of
speech and non-speech at each frequency and frame in Gaus-
sian Approximation 412. At this point, under the assumption
that a likelihood ratio of each frequency is mutually indepen-
dent, after taking the log function on A (k,t), its result is added
to an entire frequency band. Then, as shown in Equation 8, a
speech section detection feature for the t-th frame is
extracted.

IE= [Equation 8]
logh, = ZZIOgA(k, 0
k=0

Lastly, as shown in Equation 9, a speech section and a
non-speech section are determined through a Likelihood
Ratio Test (LRT) rule in log-likelihood ratio test 413.

1, if log A; > e- 4 [Equation 9]

VAD(@) = { ;
0, otherwise

Here, e, represents a threshold value that determines a
speech section, and |, represents an average value of a speech
section detection feature with respect to a noise section at the
t-th frame. e is a weighting factor for determining a threshold
value for a speech section on the basis of j1,. Herein, e is set to
3. u, at the t-th frame is expressed as Equation 10 below.

= [Equation 10]

Bt + (1 = PlogA,, if 1< 10 or (logA; — 1) < 0.05
He-1» otherwise

Here, p is a forgetting factor for updating an average value
of a speech sector detection feature at a noise section, which
is obtained through Equation 11.

1-1/z,
ﬁ={0.97,

On the basis of the threshold value obtained through Equa-
tion 10, a VAD flag is finally obtained with 1 given with
respect to a speech frame and 0 given with respect to a silent
frame through the determination operation of Equation 9.

if r<10

otherwise

[Equation 11]
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FIG. 3 is a block diagram illustrating a configuration added
to the noise eliminating apparatus of FIG. 1. FIG. 3A is a
configuration added to the noise eliminating apparatus 100,
and illustrates a VOP detecting unit 170. The VOP detecting
unit 170 performs a function for analyzing a change pattern of
a LPC remaining signal and detecting a VOP.

FIG. 3B is a view illustrating a configuration of the VOP
detecting unit 170. Referring to FIG. 3(5), the VOP detecting
unit 170 includes a noise speech signal dividing unit 171, an
LPC coefficient estimating unit 172, an LPC remaining signal
extracting unit 173, an LPC remaining signal smoothing unit
174, a change pattern analyzing unit 175, and a feature uti-
lizing unit 176.

The noise speech signal dividing unit 171 performs a func-
tion for dividing a noise speech signal into overlapping signal
frames. The LPC coefficient estimating unit 172 performs a
function for estimating an LPC coefficient on the basis of
autocorrelation according to signal frames. The LPC remain-
ing signal extracting unit 173 performs a function for extract-
ing an LPC remaining signal on the basis of the LPC coeffi-
cient. The LPC remaining signal smoothing unit 174
performs a function for smoothing the extracted LPC remain-
ing signal. The change pattern analyzing unit 175 performs a
function for analyzing a change pattern of the smoothed LPC
remaining signal and extracts a feature corresponding to a
predetermined condition. The feature utilizing unit 176 per-
forms a function for detecting a VOP on the basis of the
feature.

Hereinafter, description will be made with reference to
FIG. 7.

An LPC model is a representative technique used for
human vocal tract modeling. Accordingly, an L.PC coefficient
estimation is possible through the selection of a proper LPC
degree, and an LPC remaining signal may conserve most ofa
speech excitation signal. The present invention detects an
initial consonant section through a method of detecting a VOP
by analyzing a change pattern of an LPC remaining signal. A
first operation of an LPC remaining signal based VOP detec-
tion is to extract an LPC remaining signal in LP analysis 420.
An LPC is a representative method used for speech signal
analysis, and provides a human vocal tract modeling by
designing a time-varying filter using an LPC coefficient. At
this point, a transfer function of an LPC coefficient based
time-varying filter may be expressed through Equation 12.

G [Equation 12]

7 -
1-$api A9
il

H(z) =

Here, G is a parameter for compensating an energy of an
input signal. p and a, represent an LPC analysis degree and an
ideal j-th LPC coefficient, respectively. When a transfer func-
tion of Equation 12 is expressed in a time zone, it may be
represented through an LPC degree equation as shown in
Equation 13.

s(n) =

S

P [Equation 13]
a;s(n— j)+ Gu(n)
=1

Here, u(n) represents an excitation signal. When a pre-
dicted value of an ideal LPC coefficient a; is expressed witha,,
an error of an actual value and the predicted value, i.e. an LPC
remaining signal, is obtained through Equation 14.



US 9,123,347 B2

etm) =sm = ) ajsin = j)

4 [Equation 14]
=

Based on Equation 14, when a predicted error is repre-
sented with Mean Squared Error (MSE), it is as follows.

» 2
[S(ﬂ) - ) asn— j)] }
=1

In order to minimize E of Equation 15, a, that makes each
error orthogonal to each sample s(n—j) needs to be estimated.
This is expressed through Equation 16.

[Equation 15]
Ele2(n)] = E|

4 [Equation 16]
D@6 )=, 0, 1=i=p
=1

Here, Fn(i,j)=E[s(n-1)s(n—j)]. The present invention uses
Equation 16 in order to estimate an LPC coefficient a,. Bqua-
tion 16 relates to an autocorrelation based method. The LPC
coefficient of degree 10 is estimated by dividing an input
speech into a frame of approximately 20 nm size overlapped
by approximately 10 nm. On the basis of the estimated LPC
coefficient, an LPC remaining signal is obtained using Equa-
tion 14.

Next, a process for smoothness on the basis of an LPC
remaining signal is expressed with Equation 17 in envelope/
smoothing 421. Equation 17 is as follows.

E m)y=h,(n)*le,(n)! [Equation 17]

Here, E (n) is an n-th sample of a smooth envelope at the
t-th frame obtained through Equation 17, and h, (n) represents
a hamming window having the length of approximately 50
ms. That is, the length of 800 samples is given in a 16 kHz
environment. e/ n) represents an n-th sample of an LPC
remaining signal at the t-th frame obtained from Equation 14.
A change of an excitation signal may be further easily
detected through a smoothing process, and the present inven-
tion regards the smoothed LPC remaining signal E(n) as the
energy of an excitation signal in order to detecta VOP in FOD
422 and peak picking 423.

Since a change of Et(n) drastically occurs at the VOP, the
variance of Et(n) becomes the maximum. Accordingly, the
VOP may be detected through the slope of Et(n). Thus, by
obtaining First-Order Difference (FOD) of Et(n) in operation
422, peak, i.e. the maximum value, is obtained in order to
detect the VOP in operation 423. However, various changes in
an excitation signal may occur during speech vocalization,
and due to this, an unwanted FOD peak may be detected.
Accordingly, like the smoothing process of an LPC remaining
signal, a smoothing process is performed through Equation
18.

D,(n)=h,(n)*E,(n) [Equation 18]

Here, D (n) represents an n-th sample of an FOD value of
E,(n) smoothed at the t-th frame, and h,(n) is 2 hamming
window having the same 20 nm length as the frame and has
the length of 320 samples when being sampled into approxi-
mately 16 kHz.

FIG. 8 is a view illustrating a VOP detecting process. FIG.
8A illustrates a speech waveform and speech section infor-
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mation, and FIG. 8B illustrates a spectrogram. FIG. 8C illus-
trates an excitation signal energy and FIG. 8D illustrates the
first degree differential coefficient of a smoothed excitation
signal. FIG. 8E illustrates speech section information includ-
ing consonant/vowel classification.

FIG. 8 is a view illustrating a VOP detecting process with
respect to the speech /reject/. FIG. 8A shows a speech wave-
form of /reject/, and especially, the red line of FIG. 8A rep-
resents a Gaussian model based speech detection result. FIG.
8B shows the spectrogram of /reject/. FIG. 8C shows the
energy of an excitation signal, i.e. the smoothed L.PC remain-
ing signal Et(n). As shown in FIG. 8, at the onset point of the

vowel /1/ of the first syllable and the onset point of the vowel

/47 of the second syllable, it is observed that the energy of an
excitation signal drastically changes. In FIG. 8D, a peak value
of'this waveform may be regarded as a potential VOP through
the FOD value Dt(n) of FIG. 8C. However, as shown in FIG.
8, it is observed that a peak value is found at the position of the

vowel /1/ of two syllables, i.e. the actual VOP, and a change
section of another excitation signal. At this point, the actual
VOP is relatively greater than other peak values, and only one
VOP exists in a predetermined section. In the present inven-
tion, a peak value of less than approximately 0.5 is regarded
as an excitation signal change section at the normalized FOD.
When at least two VOPs exist in a predetermined section, i.e.
the length of 10 frames, the largest value among VOPs in a
corresponding section is regarded as an actual VOP. The red
vertical line of FIG. 8(d) shows a VOP detected by applying
the rule.

FIG. 4 is a block diagram illustrating a filter transfer func-
tion calculation unit and a noise eliminating unit in the noise
eliminating apparatus of FIG. 1. FIG. 4A is a view illustrating
a configuration of the filter transfer calculating unit 130. FIG.
4B is a view illustrating a configuration of the noise eliminat-
ing unit 140. FIG. 5 is a block diagram illustrating a transfer
function converting unit and an impulse response calculating
unit in the noise eliminating apparatus of FIG. 4. FIG. 5A is a
view illustrating a configuration of the transfer function con-
verting unit 141. FIG. 5B is a view illustrating a configuration
of'the impulse response calculating unit 142.

Referring to FIG. 4A, the filter transfer function calculat-
ing unit 130 includes an initial transfer function calculating
unit 131 and a final transfer function calculating unit 132. The
initial transfer function calculating unit 131 performs a func-
tion for calculating an initial transfer function by estimating a
priori SNR at a current signal frame, when calculating the
initial transfer function by using the current signal frame
extracted from a noise speech signal. The final transfer func-
tion calculating unit 132 performs a function for calculating a
final transfer function as a transfer function of the filter by
updating a previously-calculated transfer function in consid-
eration of a critical value according to whether a correspond-
ing signal frame corresponds to which one of a consonant
section, a vowel section, and a non-speech section, when
calculating the final transfer function by using at least one
signal frame after the current signal frame.

According to FIG. 4B, the noise eliminating unit 140
includes a transfer function converting unit 141, an impulse
response calculating unit 142, and an impulse response uti-
lizing unit 143. The transfer function converting unit 141
performs a function for converting a transfer function in order
to correspond to an extraction condition used for extracting a
predetermined level feature. The impulse response calculat-
ing unit 142 performs a function for calculating an impulse
response in a time zone with respect to the converted transfer
function. The impulse response utilizing unit 143 performs a
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function for eliminating a noise signal from a noise speech
signal by using the impulse response.

According to FIG. 5A, the transfer function converting unit
141 includes an index calculating unit 201, a frequency win-
dow driving unit, and a warped filter coefficient calculating
unit 203. The index calculating unit 201 performs a function
for calculating indices corresponding to a central frequency at
each frequency band included in a noise speech signal. The
frequency window deriving unit 202 performs a function for
deriving frequency windows under a first condition predeter-
mined at each frequency band on the basis of the indices. The
warped filter coefficient calculating unit 203 calculates a
warped filter coefficient under a second condition predeter-
mined based on the frequency windows.

Referring to FIG. 5B, the impulse response calculating unit
142 includes a mirrored impulse response calculating unit
211, a causal impulse response calculating unit 212, a trun-
cated causal impulse response calculating unit 213, and a final
impulse response calculating unit 214. The mirrored impulse
response calculating unit 211 performs a function for calcu-
lating a mirrored impulse response through number-expan-
sion on an initial impulse response obtained using a warped
filter coefficient. The causal impulse response calculating
unit 212 performs a function for calculating a mirrored
impulse response based causal impulse response on the basis
of a frequency band number relating to extraction reference.
The truncated causal impulse response calculating unit 213
performs a function for calculating a truncated causal impulse
response on the basis of the causal impulse response. The final
impulse response calculating unit 214 performs a function for
calculating an impulse response in a time zone as a final
impulse response on the basis of the truncated causal impulse
response and a Hanning window.

FIG. 9 is a block diagram illustrating the consonant/vowel
dependent wiener filter of FIG. 6. Hereinafter, description
will be made with reference to FIG. 9.

The consonant/vowel dependent wiener filter suggested
from the present invention minimizes noise distortion, espe-
cially, initial consonant distortion, which is caused by noise
processing in a consonant section. Accordingly, an initial
consonant section needs to be detected based on the VOP. For
this, a VOP previous predetermined section is set to a conso-
nant section. In the present invention, 10 frames before the
VOP, i.e. 1600 samples, are set to an initial consonant section
through an experimental method, and then a VAD flag
obtained from a VAD module is modified through Equation
19.

0 if VAD(n)=0 [Equation 19]

VAD () =41 if VAD@)=1and r€l,,
2 otherwise
where Ivop={[VOP(i)-e, VOP(1)]li=1, . . . , M}. VOP(@)

represents ith VOP and represents the total number of VOPs in
utterance). e is assumed as 10 when considering an average
duration time of consonants in pronunciation difficulty.

A silent section, an initial consonant section, and other
sections including a vowel section have 0, 1, and 2, respec-
tively. A result obtained through Equation 19 represents a
consonant/vowel classified speech section information VAD'
(t). This is a base for designing a transfer function of a con-
sonant/vowel section dependent wiener filter. VAD(t) repre-
sents a VAD flag.

FIG. 9 is a view illustrating a configuration of a consonant/
vowel dependent wiener filter having consonant/vowel sec-
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tion classified speech section information applied. A first
operation 510 and 520 obtains a spectrum from an input
speech signal 310. For this, as shown in Equation 20, a Han-
ning window is applied to the input signal 310, and then, the
input signal 310 is divided into frames overlapped by
approximately 10 ms, each having an approximately 20 ms
size in FFT 510.

X, A1)=X, (1) Wi (1) [Equation 20]

where w,, ,.(n) is a Hanning window having the length of N
samples and W,,,,(n)=0.5-0.5 cos(2p(n+0.5)/N). Addition-
ally, N has the value of 320 corresponding to approximately
20 nm in a 16 kHz sample rate. t represents a frame index.

Then, in order to obtain spectrum, X, , is obtained by FF'T
of Ny length to x,, (n), in order to obtain power spectrum
through Equation 21 in Spectrum Estimation 520.

Pk, t)=Xp, (X, )*, OsksNpgp/2 [Equation 21]

where * represents a complex conjugate, and N, has the
value of 512. Also, a power spectrum P(k.,t) is smoothed as
follows, and due to the smoothing, the length of a power
spectrum is reduced to NS=N_./4+1.

PRk, D+ P2k+ 1,0

Pk, t) = { 2
P(2k),

0sk<Ns—1 [Equation 22]

k=Ns-1

The smoothed spectrum obtained through Equation 22
obtains an average spectrum obtained by averaging the T,
number of frames through Equation 23.

[Equation 23]

where T, is the number of frames considered in an aver-
age spectrum calculation, and is set to 2 in the present inven-
tion.

The next operation 530 of a consonant/vowel dependent
wiener filter is to obtain a wiener filter coefficient proper for
each consonant/vowel section by using the average spectrum
P, (k1) finally obtained from a spectrum calculation. In order
to obtain a wiener filter coeflicient, like a Gaussian model
based speech section detecting method, a priori SNR needs to
be estimated. For this, a noise spectrum is obtained through
Equation 24.

Pyk, ty) = [Equation 24]

{sPN(k, =D+ (l—)Pyk, D, if VAD' (=0

Pylk, iy — 1) otherwise

Py(k, 1) = Py(k, iy)

where VAD'(t) is the speech section information of t-th
frame obtained through the consonant/vowel classification
speech section detecting module, and t,, represents the index
of'a previous silent frame. That is, if a current frame is a silent
section, the noise spectrum of the current is updated by using
the noise spectrum obtained from a right before frame and the
spectrum of the current frame. Ifthe current frame is a speech
section, the noise spectrum is not updated. Additionally, e is a
forgetting factor for updating a noise spectrum and is
obtained through Equation 25.
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L=1/s if 1< 100
71 0.99,

The present invention estimates a priori SNR by applying a
Decision-Directed (DD) method, and based on this, a wiener
filter coefficient is obtained at each frame. A Priori SNR is
obtained through Equation 26.

[Equation 25]

otherwise

i’s(k, i~ 1) [Equation 26]

“Pyki-D

’

M = (1= Q)Tb’k,r -1]

where A, , represents the k-th frequency and the posteriori
SNR at the k-th frame, and A, =P, (k. t)/Py(k,t). P"o(k,t-1).
P (k,t-1) represents a spectrum, i.e. a spectrum having noise
removed, for a speech signal obtained by applying the
obtained final wiener filter transfer function. Additionally,
T[x] is a threshold function. If x=0, T[x]=x; if not, T[x]=0.
H(k,t) is obtained through Equation 27 on the basis of the
priori SNR obtained through Equation 26.

T [Equation 27]

Hk, 0= Tor
k.t

In order to an improved transfer function again, the transfer
function H(k,t) of the wiener filter is applied to obtain the
estimation value of the spectrum having noise removed as
shown in Equation 28.

Pk, t)=H(k,£)Py(k,0) [Equation 28]

The estimation value of the improved speech spectrum is
used for obtaining the priori SNR which is improved to obtain
the final transfer function of the wiener filter with respect to
the t-th frame. The final transfer function is obtained differ-
ently according to a rule for each consonant/vowel section.

nre ]

where p 4 is the threshold value of a priori SNR. In order
to prevent the speech signal of a consonant section from being
distorted and damaged during a wiener filter applying pro-
cess, the present invention applies different threshold values
to a consonant section and a vowel section as shown in Equa-
tion 30.

[Equation 29]

_ Pk, 1)
e = Pk, 0

ne, if VAD'(n =1 [Equation 30]
nrH = {

s otherwise

That is, the threshold value p. is applied to a consonant
section and p, is applied to a vowel section and a silent
section. In the present invention, pand p -are setto 0.25 and
0.075, respectively, through an experimental method. Due to
this, the degree of noise elimination is set to be weaker in a
consonant section than a vowel section and a silent section.
Then, the final transfer function H(k,t) of the wiener filter is
obtained by using the improved priori SNR through Equation
27. In order to calculate the initial priori SNR at the t+1th
frame, P" ((k,t) is updated through Equation 28 on the basis of
final H(k,t).

A noise eliminating algorithm performed in a frequency
area such as spectral subtraction and the wiener filter has
musical noise generation. Accordingly, after the wiener filter
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transfer function according to a consonant/vowel section is
converted into a mel-frequency scale through a Mel Filter
Bank 550, an impulse response is obtained in a time zone
through Inverse Discrete Cosine Transform (IDCT), espe-
cially, Mel IDCT 560. First, a mel-warped wiener filter coef-
ficient Hmel(b,t) is obtained by applying a frequency window
having a half-overlapping triangular shape. In order to obtain
the central frequency of each filter bank, a linear frequency
scale flin is converted into a mel-scale through Equation 31.

MEL{f;,}=25951og (1 41,/ 700) [Equation 31]

Then, the central frequency fc(b) of the b-th band is calcu-
lated through Equation 32.

[A(B)=T00(10/et®Y2595_1<pep [Equation 32]
where B has 23.
_ MEL 2} [Equation 33]
Jna(D) = 0—p

where fs is a sampling frequency and is set to approxi-
mately 16,000 Hz. Additionally, two extra filter bank bands
having central frequency fc(0)=0 and fc(B+1)=fs/2 are added
to 23 mel-filter banks. This is for DCT conversion to the next
time zone. Accordingly, total 25 mel-warped wiener filter
coefficients are obtained.

Then, an FFT bin index corresponding to the central fre-
quency fc(b) is obtained as follows.

[Equation 34]

K ()= R{200s - )fc;xb)]

where R(*) represents a round function. A frequency win-
dow W(b,k) is derived at 1=b=B on the basis of FFT bin
indices corresponding to each central frequency.

Wb, k) = [Equation 35]
_koke-D (b-D+1=k=kp(b)
s -D4+1l=k=
kL0 =k -1 Je Je
k—kp (b)

e, ks D)+ 1 =<k=<k;(b+1
GOr DKy Tk OxD

Here, when k=0 and k=B+1, each is as follows.

k [Equation 36]
k() —kz B
O=<k=<kgp(l)—kp(0)-1

k—k;(B)
kL B+ Dk (B

WO, k) =1-

WB+1,k) =
ki, By+1<k<ks(B+1)
On the basis of frequency windows for 25 bands, a mel-

warped wiener filter coefficient Hmel(b,t) with respect to
0=b=B+1 is obtained as follows.
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Ng-1
Z Wb, OHK, )
k=0

He(b, D) = =

PIEACNS!
=0

[Equation 37]

A wiener filter impulse response in a time zone is obtained
as follows by using the mel-warped IDCT obtained from the
mel-warped wiener filter coefficient Hmel(b,t).

B+l

()= " Hyot(DIDCTe (b, 1),
b=1

[Equation 38]

O<n=B+1

where IDCT,,_(b,n) is the basis of mel-warped IDCT, and
is derived through the following process. First, the central
frequency of each band for 1=b=B is obtained.

Ng-1 k-7, [Equation 39]
2, W3R
felb) = Vo E—
Y Wb k)
k=0

where fs is a sampling frequency and is approximately
16,000 Hz. fc(0) is 0, and fc(B+1) is fs/2. Then, mel-warped
IDCT bases are calculated.

IDCT (b, 1) = cos( e (0) ]df(b), (Equation 40]
s
l=<b=<B+1,
O<n<B+1
where df(b) is a function defined as follows.
fc(l)_fc(o)’ b0 [Equation 41]
5
dfb) = w, l<b<B
feB+ 1f)_fC(B)’ beB+l

The impulse response h,(n) of the wiener filter undergoes
the following process before it is finally applied to an input
noise speech in Filter Applying 570.

he(m), O<sn=B+1

2B+ 1D+1-n), B+2=<n=<2(B+1)

[Equation 42]
iy () = {

The above Equation is a mirroring process for expanding
the impulse response of the B+1 wiener filters into that of the
2(B+1) wiener filters. A truncated causal impulse response is
obtained from the given mirrored impulse response through
the following Equation 43.
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O<n=<B

B+1l=n=<2(B+1)

Pivra(R+ B+ 1), [Equation 43]

hes) = { Py (7 — B),

Pruncs() = hes(n+ B+ 1—(Nr —1)/2),
O<n=<Np-1

where h_ (n) represents a causal impulse response and
htrunc,t(n) represents a truncated causal impulse response.
NF is the filter length of a final impulse response and is set to
17 in the present invention. The truncated impulse response is
multiplied by a Hanning window.

[Equation 44]

wr(m) = {05 - 0.5cos Puranca (),

27(n +0.5)

( Np )}
O<n=<Np-1

The final output speech s”(n) having noise removed is

obtained as follows by applying the impulse response hy;;,
(n) of the wiener filter to the input noise speech xt(n).

Np-d [Equation 45]
2
Sm= > hyri+ (Ne=1)/2)-x,n -,
_Np-1
et
O<sn=N-1

Then, a method of eliminating noise will be described by
using the noise eliminating apparatus shown in FIGS. 1 to 5.
FIG. 10 is a flowchart illustrating a method of eliminating
noise in accordance with an exemplary embodiment of the
present invention. Hereinafter, description will be made with
reference to FIG. 10.

First, the speech section detecting unit 110 detects a speech
section from a noise speech signal including a noise signal in
speech section detecting operation S10. At this point, the
speech section detecting unit 110 compares a likelihood ratio
of a speech probability to a non-speech probability in a first
frequency with a speech section feature average value in at
least two frequencies including the first frequency at each
signal frame divided from a noise speech signal, in order to
detect a speech section.

Speech section detecting operation S10 may be specified as
follows. First, the SNR calculating unit 111 calculates a pos-
teriori SNR by using a frequency component in the first signal
frame. The priori SNR estimating unit 112 estimates a priori
SNR by using at least one of the spectrum density of a noise
signal atthe second signal frame prior to the first signal frame,
the spectrum density of a speech signal in the second signal
frame, and the posteriori SNR. Then, the likelihood ratio
calculating unit 113 calculates a likelihood ratio with respect
to each frequency included in at least two frequencies by
using the posteriori SNR and the priori SNR. Then, the speech
section feature value calculating unit 114 calculates a speech
section feature average value by averaging the sum of likeli-
hood ratios for each frequency. Then, the speech section
determining unit 115 determines the first signal frame as the
speech section when one side component including a likeli-
hood ratio with respect to a first frequency is greater than the
other side component including a speech section feature aver-
age value through an equation that uses the likelihood ratio
with respect to a first frequency and the speech section feature
average value as a factor.
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After speech section detecting operation S10, the speech
section separating unit 120 separates a speech section into a
consonant section and a vowel section on the basis of a VOP
in the speech section in speech section separating operation
S20.

After speech section separating operation S20, the filter
transfer function calculating unit 130 calculates a transfer
function of a filter to eliminate a noise signal in order to make
the degree of noise elimination in a consonant section and a
vowel section different in filter transfer function calculating
operation S30. At this point, the filter transfer function cal-
culating unit 130 calculates a transfer function that allows the
degree of noise elimination in a consonant section to be less
than that in a vowel section.

Filter transfer function calculating operation S30 may be
specified as follows. First, the initial transfer function calcu-
lating unit 131 calculates an initial transfer function by esti-
mating a priori SNR at a current signal frame when calculat-
ing the initial transfer function by using the current signal
frame extracted from a noise speech signal. Then, the final
transfer function calculating unit 132 calculates a final trans-
fer function as a transfer function of the filter by updating a
previously-calculated transfer function in consideration of a
critical value according to whether a corresponding signal
frame corresponds to which one of a consonant section, a
vowel section, and a non-speech section, when calculating the
final transfer function by using at least one signal frame after
the current signal frame.

After filter transfer function calculating operation S30, the
noise signal is eliminated from the noise speech signal on the
basis of the transfer function in noise eliminating operation
S40.

Noise eliminating operation S40 may be specified as fol-
lows. First, the transfer function converting unit 141 converts
a transfer function in order to correspond to an extraction
condition used for extracting a predetermined level feature.
Then, the impulse response calculating unit 142 calculates an
impulse response in a time zone with respect to the converted
transfer function. Then, the impulse response utilizing unit
143 eliminates a noise signal from a noise speech signal by
using the impulse response in impulse response utilizing
operation.

Transfer function converting operation may be specified as
follows. First, the index calculating unit 201 calculates indi-
ces corresponding to a central frequency at each frequency
band included in a noise speech signal. Then, the frequency
window deriving unit 202 derives frequency windows under
a first condition predetermined at each frequency band on the
basis of the indices. Then, the warped filter coefficient calcu-
lating unit 203 calculates a warped filter coefficient under a
second condition predetermined based on the frequency win-
dows.

Impulse response calculating operation may be specified as
follows. First, the mirrored impulse response calculating unit
211 calculates a mirrored impulse response through number-
expansion on an initial impulse response obtained using a
warped filter coefficient. Then, the causal impulse response
calculating unit 212 calculates a mirrored impulse response
based causal impulse response on the basis of a frequency
band number relating to the above condition. Then, the trun-
cated causal impulse response calculating unit 213 calculates
atruncated causal impulse response on the basis of the causal
impulse response. Then, the final impulse response calculat-
ing unit 214 calculates an impulse response in a time zone as
a final impulse response on the basis of the truncated causal
impulse response and a Hanning window.
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VOD detecting operation S15 may be performed between
speech section detecting operation S10 and speech section
separating operation S20. VOP detecting operation S15 is
performed by the VOD detecting unit 170 and analyzes a
change pattern of an LPC remaining signal in order to detect
a VOP.

VOP detecting operation S15 may be specified as follows.
First, the noise speech signal dividing unit 171 divides a noise
speech signal into overlapping signal frames. Then, the LPC
coefficient estimating unit 172 estimates an LPC coefficient
on the basis of autocorrelation according to signal frames.
Then, the LPC remaining signal extracting unit 173 extracts
an LPC remaining signal on the basis of the LPC coefficient.
Then, the LPC remaining signal smoothing unit 174
smoothes the extracted LPC remaining signal. Then, the
change pattern analyzing unit 175 analyzes a change pattern
of'the smoothed LPC remaining signal and extracts a feature
corresponding to a predetermined condition. Then, the fea-
ture utilizing unit 176 detects a VOP on the basis of the
feature.

The present invention relates to an apparatus and method
for eliminating noise, and more particularly, to a consonant/
vowel dependent wiener filter and a filtering method for
speech recognition in a noisy environment. The present
invention may be applied to a speech recognition field such as
a personalized built-in speech recognition apparatus for
vocalization handicapped person.

The present invention provides an apparatus and method
for eliminating noise, which estimate noise components by
detecting a speech section and a non-speech section and
detect a consonant section and a vowel section from the
speech section in order to apply a transfer function appropri-
ate for each section. As a result, the following effects may be
obtained. First, distortion in a consonant section may be mini-
mized by preventing a phenomenon that a consonant section
is eliminated together with noise. Second, speech recognition
performance may be further improved in a noisy environ-
ment, compared to the wiener filter.

Although the apparatus and method for eliminating noise
have been described with reference to the specific embodi-
ments, they are not limited thereto. Therefore, it will be
readily understood by those skilled in the art that various
modifications and changes can be made thereto without
departing from the spirit and scope of the present invention
defined by the appended claims.

What is claimed is:

1. A noise eliminating apparatus comprising:

a speech section detecting unit configured to detect a
speech section from a noise speech signal including a
noise signal;

a speech section separating unit configured to separate the
speech section into a consonant section and a vowel
section on the basis of a Vowel Onset Point (VOP) in the
speech section;

a filter transfer function calculating unit configured to cal-
culate a transfer function of a filter for eliminating the
noise signal in order to allow the degree of noise elimi-
nation in the consonant section and the vowel section to
be different, wherein the filter transfer function calcu-
lating unit comprises an initial transfer function calcu-
lating unit and a final transfer function calculating unit,
wherein the initial transfer function calculating unit is
configured to calculate an initial transfer function by
estimating the priori SNR at a current signal frame when
calculating the initial transfer function by using the cur-
rent signal frame extracted from a noise speech signal,
and wherein the final transfer function calculating unit is
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configured to calculate a final transfer function as a
transfer function of the filter by updating a previously-
calculated transfer function in consideration of a critical
value according to whether a corresponding signal
frame corresponds to which one of the consonant sec-
tion, the vowel section, and a non-speech section, when
calculating the final transfer function by using at least
one signal frame after the current signal frame; and

a noise eliminating unit configured to eliminate the noise
signal from the noise speech signal on the basis of the
transfer function.

2. The apparatus of claim 1, wherein the filter transfer
function calculating unit calculates the transfer function by
allowing the degree of noise elimination in the consonant
section to be less than that in the vowel section.

3. The apparatus of claim 1, wherein the speech section
detecting unit compares a likelihood ratio of a speech prob-
ability to a non-speech probability in a first frequency with a
speech section feature average value in at least two frequen-
cies including the first frequency at each signal frame divided
from the noise speech signal, in order to detect the speech
section.

4. The apparatus of claim 3, wherein the speech section
detecting unit comprises:

a posteriori Signal-to-Noise Ratio (SNR) calculating unit
configured to calculate a posteriori SNR by using a
frequency component in a first signal frame;

apriori SNR estimating unit configured to estimate a priori
SNR by using at least one of the spectrum density of a
noise signal at a second signal frame prior to the first
signal frame, the spectrum density of a speech signal in
the second signal frame, and the posteriori SNR;

a likelihood ratio calculating unit configured to calculate a
likelihood ratio with respect to each frequency included
in the at least two frequencies by using the posteriori
SNR and the priori SNR;

a speech section feature value calculating unit configured
to calculate the speech section feature average value by
averaging the sum of likelihood ratios for each fre-
quency; and

a speech section determining unit configured to determine
the first signal frame as the speech section when one side
component including the likelihood ratio with respect to
the first frequency is greater than the other side compo-
nent including the speech section feature average value
through an equation that uses the likelihood ratio with
respect to the first frequency and the speech section
feature average value as a factor.

5. The apparatus of claim 1, further comprising:

a VOP detecting unit configured to detect the VOP by
analyzing a change pattern of a Linear Predictive Coding
(LPC) remaining signal.

6. The apparatus of claim 5, wherein the VOP detecting unit

comprises:

anoise speech signal dividing unit configured to divide the
noise speech signal into overlapping signal frames;

an LPC coefficient estimating unit configured to estimate
an LPC coefficient on the basis of autocorrelation
according to the signal frames;

an LPC remaining signal extracting unit configured to
extract the LPC remaining signal on the basis of the LPC
coefficient;

an LPC remaining signal smoothing unit configured to
smooth the extracted LPC remaining signal;
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a change pattern analyzing unit configured to analyze a
change pattern of a smoothed L.PC remaining signal in
order to extract a feature corresponding to a predeter-
mined condition; and

a feature utilizing unit configured to detect the VOP on the
basis of the feature.

7. The apparatus of claim 1, wherein the noise eliminating

apparatus comprises:

a transfer function converting unit configured to convert
the transfer function in order to correspond to an extrac-
tion condition used for extracting a predetermined level
feature;

an impulse response calculating configured to calculate an
impulse response in a time zone with respect to the
converted transfer function; and

an impulse response utilizing unit configured to eliminate
the noise signal from the noise speech signal by using the
impulse response.

8. The apparatus of claim 7, wherein the transfer function

converting unit comprises:

an index calculating unit configured to calculate indices
corresponding to a central frequency at each frequency
band included in the noise speech signal;

a frequency window deriving unit configured to derive
frequency windows under a first condition predeter-
mined at the each frequency band on the basis of the
indices; and

a warped filter coefficient calculating unit configured to
calculate a warped filter coefficient under a second con-
dition predetermined based on the frequency windows,
and performing the conversion, and

the impulse response calculating unit comprises:

a mirrored impulse response calculating unit configured to
perform a number-expansion operation on an initial
impulse response obtained using the warped filter coef-
ficient in order to calculate a mirrored impulse response;

a causal impulse response calculating unit configured to
calculate a causal impulse response based on the mir-
rored impulse response according to a frequency band
number relating to the condition;

a truncated causal impulse response calculating unit con-
figured to calculate a truncated causal impulse response
on the basis of the causal impulse response; and

a final impulse response calculating unit configured to
calculate an impulse response in the time zone as a final
impulse response on the basis of the truncated causal
impulse response and a Hanning window.

9. The apparatus of claim 1, wherein the noise eliminating

apparatus is used to recognize speech.

10. A method of eliminating noise, the method comprising:

detecting a speech section from a noise speech signal
including a noise signal;

separating the speech section into a consonant section and
a vowel section on the basis of a VOP at the speech
section;

calculating a transfer function of a filter for eliminating the
noise signal to allow the degree of noise elimination to
be different in the consonant section and the vowel sec-
tion, wherein calculating a transfer function comprises
calculating an initial transfer function and calculating a
final transfer function, wherein calculating the initial
transfer function comprises estimating the priori SNR at
a current signal frame when calculating the initial trans-
fer function by using the current signal frame extracted
from a noise speech signal, and wherein calculating the
final transfer function comprises calculating a transfer
function of the filter by updating a previously-calculated
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transfer function in consideration of a critical value
according to whether a corresponding signal frame cor-
responds to which one of the consonant section, the
vowel section, and a non-speech section, when calculat-
ing the final transfer function by using at least one signal
frame after the current signal frame; and

eliminating the noise signal from the noise speech signal

on the basis of the transfer function.

11. The method of claim 10, wherein the calculating of the
filter transfer function comprises calculating the transfer
function by allowing the degree of noise elimination in the
consonant section to be less than that in the vowel section.

12. The method of claim 10, wherein the detecting of the
speech section comprises comparing a likelihood ratio of a
speech probability to a non-speech probability in a first fre-
quency with a speech section feature average value in at least
two frequencies including the first frequency at each signal
frame divided from the noise speech signal, in order to detect
the speech section.

13. The method of claim 10, further comprising detecting
the VOP by analyzing a change pattern of an LPC remaining
signal.

14. The method of claim 10, wherein the removing of the
noise comprises:

converting the transfer function in order to correspond to a

standard used for extracting a predetermined level fea-
ture;

calculating an impulse response in a time zone with respect

to the converted transfer function; and

eliminating the noise signal from the noise speech signal

by using the impulse response.
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